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An increasing number ofpractical systems for speech communica-

tions have been proposed in the past few years. Such systems often

must operate over both wideband channels and standard telephone

connections. Thus, it is useful to be able to simulate the telephone

channel as well as the other speech processing parts of the given

system. This paper describes a digital network which provides a

simple, controlled simulation of the properties of both the standard

carbon microphone and the telephone transmission system. The sim-

ulation consists of a combination of nonlinear distortion, noise ad-

dition, and bandpass filtering. Both wideband and telephone signals

were recorded simultaneously using a 2-channel A/D converter. The

wideband signal was processed by the simulation system, whereas

the telephone signal provided a reference signal for purposes of

comparison. The parameters of the simulation were manually ad-

justed to provide optimum matches to several telephone links. The

telephone simulation was then subjectively evaluated in two listening

experiments. In both experiments, utterances from the simulations

were paired with the corresponding telephone recording. In the first

experiment, a group of listeners was asked to select the actual

telephone recording from each pair of utterances. In the second

experiment, a new group of listeners was asked to rank the similarity

of the two utterances on a 1-to -10 scale. Results of the evaluations

indicated that, for some sets of simulation parameters, the network

provided a fairly good psychophysical simulation of a variety of

telephone channels.

I. INTRODUCTION

In recent years, an increasing number of systems for speech com-

munications have been proposed which must operate over both wide-

band channels and standard telephone connections.
1 "5 Included among

such systems are waveform coders, speech analysis-synthesis systems,

and systems for man-machine communication by voice—e.g., speech
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recognizers or speaker verifiers. To investigate the capabilities of such

systems in a controlled manner, it is useful to be able to simulate the

effects of the telephone channel on the speech signal as well as the

other signal processing parts of the system. The conventional approach

to telephone simulations of speech processing systems is to repeatedly

dial up a new line for each input utterance to obtain a reasonable

distribution of lines. However, not only is this method clumsy, but it

does not guarantee good statistical sampling of telephone lines. As an

alternative, it would be desirable to substitute a controlled simulation

of a telephone channel which attempted to model the system from the

handset to the earphone—that is, the telephone carbon button, the

telephone line, the switching, and the receiver.

Figure 1 is a set of block diagrams that illustrate the various types

of simulations one can consider using. The simplest simulation, in Fig.

la, is an "end-to-end" simulation in which the input signal (to either

the telephone line or the black box simulation) is obtained directly

from a talker, and the simulation output is sent directly to a listener.

In such cases, the "black box" simulation need not in any way physi-

cally model the actual telephone system. It is sufficient for the black

box to model only the psychophysical^ significant effects of the

telephone system.

The type of simulation in Fig. lb is a more demanding one in that

the end result of the simulation is subjected to subsequent processing

by a physical system prior to evaluation by either a listener or some
form of measurement system (e.g., a computer). In order for the black

box to be a good simulation of the telephone system, it must be a

physical simulation of the relevant processing which actually occurs in

the telephone system. For some, if not most cases, one would not

expect an end-to-end simulation (such as that shown in Fig. la) to

perform well in systems which require physical simulations.

The situations shown in Figs, lc and Id represent modified versions

of the cases shown in Figs, la and lb. For these cases, the input signal

is preprocessed prior to the telephone line. A priori, one would expect

that physical simulations of the telephone line would perform well in

both situations (i.e., the systems of Figs, lc and Id). However, the end-

to-end type of simulation would probably be most successful (because

of the placement of nonlinear elements in the system) in the system of

Fig. lc (depending on the details of the preprocessing), whereas in the

system of Fig. Id it would often not be useful.

In this paper, we are primarily concerned with end-to-end simula-

tions of the telephone system. We have chosen this alternative for two
main reasons. The first, and perhaps most important, reason is the

difficulty in obtaining a good physical characterization of the process-

ing in the actual telephone system from the handset to the receiver. A
previous attempt at a physical simulation of only the telephone trans-
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Fig. 1—Block diagrams of typical arrangements of telephone system simulations.

mission system was made at Lincoln Laboratories, based on a set of

measurements of continental U.S. and European voice and data grade

lines.
6,7 The simulation, run on the real-time signal processor at Lincoln

Laboratories, modelled some transmission characteristics of the lines.

The effects that were included in this simulation were linear filtering,

quadrature distortion (phase jitter), carrier frequency offset, and var-

ious types of noise. Effects that occur in satellite transmissions, as well

as echo suppression, cross talk, etc. were not included in the Lincoln

simulation.
8 Although this simulation was quite sophisticated, the
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model is overly complex for many applications. For example, for local

lines the amount of quadrature distortion and carrier frequency offset

is negligible and hence need not be considered in the simulation. In

addition, in the Lincoln simulation, no model was provided for the

telephone handset itself—i.e., the carbon microphone. Although the

characteristics of the carbon microphone are highly nonlinear
9 and not

very well understood, a considerable measure of the "telephone"

quality of speech is imparted by the carbon microphone. Thus, it is

necessary for any end-to-end or physical simulation of the telephone

system for use with speech input to model both the telephone carbon

microphone and the transmission system.

A second reason for our interest in end-to-end simulations is that a

number of simplifications can be made in the model, since we need

only be concerned with aspects of the telephone system that are

psychophysically significant. Hence, we can rely on both our knowledge

of auditory and speech perception and past experience with systems

that process telephone quality speech to aid in the selection of com-

ponents of the model. In addition, we are free to investigate simpler

models for an end-to-end simulation than could be justified for a

physical simulation.

The purpose of this paper is to describe a simple digital network

that provides an end-to-end simulation of the combined standard

carbon microphone and the telephone transmission system. The net-

work, implemented via digital simulation, has the flexibility of allowing

the user to vary parameters of the model, thereby simulating a wide

variety of telephone lines. By systematically varying these parameters,

we have been able to match the characteristics of several different

links and have obtained signals which perceptually have most of the

"telephone quality" attributes.

The organization of this paper is as follows. In Section II, we describe

the telephone model and the resulting simulation. In Section III, we

describe a series of two experiments conducted to determine the

effectiveness of the simulation in perceptually matching selected tele-

phone links. In Section IV, we present the results of the experiments

and discuss their significance.

II. SIMULATION OF THE TELEPHONE LINE

Figure 2 is a block diagram of how the telephone line simulation is

organized. The overall line is modelled as a cascade of a model for the

telephone handset (i.e., the carbon microphone) and a model for the

telephone transmission channel. Ideally, the Lincoln Laboratories sim-

ulation would provide a sophisticated physical model for the telephone

transmission. However, in line with our stated objectives, we chose to

implement a considerably simpler model.
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A more detailed block diagram of the telephone model and the

system used to evaluate it is given in Fig. 3. The input to the model is

assumed to be a speech signal, bandpass-filtered from 100 to 3000 Hz
and sampled at a 10-kHz rate. The transmitter model consists of an

interpolator, a nonlinearity (center clipper), and a decimator. The
interpolator changes the sampling rate to 50 kHz, keeping the band-

width the same as at the low rate through the use of a high-order,

linear-phase, fir digital filter.
10 The center clipper has a center clipping

(cc) level which is a percentage of the peak signal level for each

utterance. The decimator first filters the nonlinearly distorted signal

to the original bandwidth and then reduces the sampling rate back to

10 kHz. The 5-to-l change in sampling rate was sufficient to guarantee

that the high-frequency, nonlinear distortion products of the center

clipper would not affect the speech baseband.

If we call the input signal to the interpolator x(n) and the output

signal from the interpolator y(n), then

WIDEBAND
SPEECH
SIGNAL

S(n)

TELEPHONE
HANDSET
MODEL

TELEPHONE
TRANSMISSION
CHANNEL
MODEL Slnl

Fig. 2—Block diagram of telephone system model.
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CC LEVEL

GAUSSIAN OR PRERECORDED
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e(n)

Fig. 3—Block diagram of experimental system used to test the simulation.
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where

L-l

y(n) = v(n)*h(n)= £ h(m)v(n- m),

v(n) = x(n/5) n = 0, ± 5, ± 10,

= otherwise,

and h(n) is an L-point fir linear phase lowpass filter with bandwidth

3 kHz. Thus y(n) and x(n) have the same frequency spectrum in the

band0*£/"=s;3kHz.

The center clipper has an input-output characteristic of the form

y(n)=y(n) if \y(n)\>Cn

= otherwise,

where

Cn = k-max[\x(n) |]
n

and n ranged over all samples in the utterance. (In the experiment, k

was a variable that was investigated.)

To eliminate the high-frequency distortion products in y(n), due to

the nonlinearity (i.e., the center clipper), the signal y>(n) was again

filtered by the lowpass filter h(n) to give the output z(n), computed as

L-\

z(n) = £ h(m)y(n- m).

The decimated signal, x(n), was obtained by retaining every fifth

sample of z{n), i.e.,

x(n) = z(bn).

Efficient signal processing techniques were used to implement both

the interpolator and the decimator.
10

The telephone transmission model consisted simply of three com-

ponents: an additive wideband noise whose amplitude was variable; a

fixed-fir, linear-phase, bandpass filter; and a variable digital filter

which provided a spectral shaping that could match any desired shape.

The noise used in the simulation was one of two types—either a

wideband Gaussian noise or a prerecorded telephone line noise. The

spectral matching filter was implemented as a cascade of two digital

filters. The first filter was a 25-point, fir, linear-phase filter which

provided a gross spectral match to the signal spectrum of an average

telephone line—i.e., it provided an approximation to the general non-

flat frequency weighting in the system. The second filter was a 255-

point, FIR, minimum-phase filter which provided a detailed match of

the simulation spectrum to the spectrum of a specified telephone line.
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The lower path of the system shown in Fig. 3 represents a direct

recording of a telephone signal at the receiver of the called party—i.e.,

after the speech signal has been transduced by the carbon microphone

of the transmitter, sent over a link to a central office, and returned to

a different telephone at the same location where the call was initiated.

A 2-channel, analog-to-digital converter was used to simultaneously

digitize the original speech signal (from a high-quality microphone)

and the resulting telephone speech signal. Both signals were bandpass-

filtered from 100 to 3000 Hz and digitized at 10-kHz rates.

Using the model of Fig. 3, a series of investigations were made to see

to what extent the signal at the output of the simulation could

perceptually match the telephone signal recorded simultaneously with

the original wideband signal. In the next section, we describe these

investigations.

III. EXPERIMENTAL INVESTIGATIONS

To evaluate how well the system shown in Fig. 3 could model the

perceptual characteristics of various telephone lines, a series of record-

ings was made under the following conditions:

( i ) Two speakers—one male, one female.

( ii ) Two sentences.

(Hi) Three telephone links.

(a) Single pbx loop within Bell Laboratories (Murray Hill to

Murray Hill). This is a standard Centrex line.

(b) Double pbx loop (Murray Hill to Whippany to Murray Hill).

(c) Double pbx loop (Murray Hill to Holmdel to Murray Hill).

The double pbx should be typical of local exchange carrier transmis-

sion—i.e., the transmission path typically contains channel bank filters

(analog or digital) and some form of companding.8

To illustrate a typical recording, Fig. 4 is a plot of the long-term

average spectrum for one of the wideband sentences. Included in this

plot are both the long-time average spectrum (computed using a 1024-

point fft analysis), and a cepstrally smoothed representation of the

long-time average spectrum." The speech spectrum is seen to fall by

about 40 dB at 5 kHz.

Similarly, Fig. 5 is a plot of the long-time average spectrum (and its

cepstrally smoothed representation) for the telephone recording which

corresponds to the wideband recording of Fig. 4. The most significant

difference in the spectra of the respective signals is the reduced

bandwidth of the telephone recording. However, careful comparisons

between spectra shows significant differences in the region from 100 to

3000 Hz. The spectral matching filter was intended to model these

differences.

Preliminary informal experimentation with the model of Fig. 3 for

the above set of recording, indicated that clipping levels below 1
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Fig. 4—Long-time average spectrum (irregular curve) and cepstrally smoothed version

(smooth curve) for a typical wideband speech signal.
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Fig. 5—Long-time average spectrum (irregular curve) and cepstrally smoothed version

(smooth curve) for a typical telephone speech signal.

percent had no significant effect on the speech, whereas those above

2 percent produced excessive distortion in the speech. Thus, a choice

of 3 clipping levels was made, namely 1 percent, lVfe, and 2 percent of

the peak signal level of the signal throughout the utterance.

The range of noise gains (a in Fig. 3) was also determined by informal

listening. For the Gaussian case, it was found that noise levels corre-

sponding to signal-to-noise ratios in the range from 30 to 40 dB were

optimal. As such, two noise gains were chosen corresponding to ap-

proximately 30- and 40-dB signal-to-noise ratios. For the prerecorded

telephone line noise, the original signal was obtained at the level of a

normal single pbx loop by recording directly off the telephone line

with no speech present. Two gain levels of a = 1 and a = 2 were used

in the experiment.
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Once the center clipping and noise level ranges were determined,

the remaining factor in the simulation was the design of the spectral

match filter. To formulate an idea of the requirements on the spectral

match filter, plots of the smoothed, long-time spectral differences

between the digitally filtered telephone signal and the signal at the

output of the bandpass filter in the model were obtained. Figure 6

shows one of these plots. In the region from 100 to 3000 Hz, the real

telephone signal spectrum was from to 15 dB above the simulation

spectrum. The variation in this spectral difference among speakers,

sentences, and telephone links was not very large. Thus, a rough

approximation to this spectral difference was used to design a 25-point,

fir, linear-phase digital filter which provided a gross spectral match
(to within ±5 dB) of the simulation spectrum to the telephone spec-

trum in the range from 100 to 3000 Hz. Figure 7 shows the frequency

response of a typical gross spectral match filter. The filter provides a

fairly good match near the peaks of the difference curve but is

significantly worse near the valleys.

Although informal listening comparisons between the simulation

output (after the gross spectral match filter) and the telephone input

2000 3000

FREQUENCY IN HERTZ

Fig. 6—Long-time spectral difference between a telephone signal and the simulation

output after simple bandpass filtering.

<2 -35 -

1000 2000 3000
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5000

Fig. 7—Frequency response of a typical gross spectral match filter.
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indicated a strong similarity between the simulations and the actual

telephone speech, there were equally significant differences in both

temporal and spectral detail. To assess to what degree the spectral

differences were significant, a second spectral match filter was imple-

mented using a high-order (255-point, fir minimum phase filter)

match to the difference spectrum. Figure 8 shows the frequency

response to a typical fine spectral match filter, and Fig. 9 shows the

resulting spectral difference. As seen in this figure, spectral deviations

of about Va dB are obtained in the range from 100 to 3000 Hz.

An alternative measure of the spectral similarity between two utter-

ances is the lpc distance or the log likelihood ratio as proposed by

Itakura.
12 This measure shows, on a frame-by-frame basis, the log

spectral difference between two utterances. Figure 10 shows a pair of

plots of the lpc distance between the original wideband recording and
the original telephone input. The lpc distance is not exactly symmet-
rical. Thus, the plots show both distances associated with the pair of

2000 3000

FREQUENCY IN HERTZ

5000

Fig. 8—Frequency response of a typical fine spectral match filter.

1000 2000 3000

FREQUENCY IN HERTZ

4000 5000

Fig. 9—Long-time spectral difference between a telephone signal and the final simu-

lation output.

848 THE BELL SYSTEM TECHNICAL JOURNAL, APRIL 1979



FRAME NUMBER

Fig. 10—Plots of frame-by-frame lpc distances between an original wideband signal

and the corresponding telephone signal.

utterances. The dotted line at the bottom (at a distance of about 1) is

a threshold for which the spectral differences between frames is

perceptually significant.
13 From Fig. 10, it is seen that, for almost every

frame in the utterance, the distance was significant. The average lpc

distance for this example was about 2.6.

In contrast, Fig. 11 shows a pair of plots of the lpc distance between

the original telephone input and the output after the gross spectral

match filter (Fig. 11a) and after the fine spectral match filter (Fig.

lib). The average lpc distance is about 0.66 for the plots of Fig. 11a

and 0.57 for the plots of Fig. lib. Both these distances are well below

the perceptually significant threshold. However, it is still seen in both

Figs. 11a and lib that for a number of frames, the lpc distance exceeds

the perceptual threshold. These differences are due to both temporal

and short-time spectral differences between the utterances which the

simulation is incapable of handling.

Based on the informal observations and the objective measurements

described above, further evaluation of the simulation was achieved

through two subjective experiments. The first was an A-B comparison

between the output of the model and the actual telephone signal to

see how well listeners could identify the actual telephone signal. The

second experiment was a similarity ranking test between the simulation

output and the actual telephone signal.

Table I provides a summary of the experimental factors included in

the tests. We have already discussed the first six factors in the test;

namely, speakers, sentences, transmission links, center clipping levels,
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Fig. 11—Plots of frame-by-frame lpc distances between the simulation output and
the corresponding telephone signal; (a) after the gross spectral match filter; (b) after the
fine spectral match filter.

Table I—Summary of experimental factors in the listening

experiment

Experimental Factors

1. Speakers (2-1 male, 1 female).

2. Sentences (2).

3. Transmission links (MH-MH, WH-MH, HO-MH).
4. Center clipping levels (3).

5. Types of noise (2).

6. Noise levels (2).

7. Levels of filtering (3).

8. Listeners (8).

Experiments

1. A-B comparison for identifying actual telephone line.

2. Similarity ranking between simulation and actual telephone line (scale 1-10).
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types of noise, and noise levels. The seventh factor was the three levels

of filtering; namely, a flat bandpass filter alone, a combination of a flat

bandpass filter and the gross spectral match filter, and the triple

combination of the flat bandpass filter, the gross spectral match filter,

and the fine spectral match filter. The last factor was listeners (eight

were used). In both experiments, the simulation utterances were paired

with the corresponding telephone recordings in a random ordering.

For the A-B test, a simple choice was required of the listeners as to

which of the pair was the actual telephone signal. In the ranking tests,

the listeners were asked to rank the similarity of the pair on a scale of

1 to 10 where 1 was most similar and 10 was not at all similar. Results

of these experiments are given in the next section.

IV. RESULTS

For the telephone identification experiment (the A-B comparison

test), a score of 1 was given if the simulation was identified as the

telephone, and a score of was given if the listener correctly chose the

actual telephone recording. Data were collected over a 1-week period.

An analysis of variance of the results indicated that the only significant

factors in the experiment were listeners and types of filtering. The fact

that the center clipping level was not a significant experimental factor

was not surprising since the range of this parameter had been carefully

chosen to be reasonable for typical telephone lines. Although the noise

level factor was not significant, the type of noise was treated as an

independent factor since the data for each type of noise were obtained

in separate runs, and this factor is an interesting one from the simu-

lation point of view. We shall see that there were surprisingly small

differences in this factor.

It was not surprising that the factors of speakers and sentences were

not significant; however, it was somewhat unexpected that the trans-

mission link factor was not significant. This result implies that, to a

first order, a linear system provides a good (or a uniformly bad, which

seems very unlikely) approximation to differences in transmission.

The average identification scores, as a function of level of filtering,

were computed from the raw data and are shown in Fig. 12a. Figure

12b shows a more detailed set of results in which the listener scores

are individually plotted for the Gaussian noise case. For these plots, a

mean score of 0.5 indicates that the listener could not identify the

actual telephone recording, and scores close to indicate the listener

could always identify the actual telephone line. The brackets in Fig.

12a indicate the range for one standard deviation. The extreme varia-

bility in mean scores across listeners can readily be seen in Fig. 12b.

However, it can be seen that, for all but two of the listeners, for both

noise types, the mean identification scores got larger (headed towards

chance identification) as the complexity of filtering increased. Fur-
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OVERALL RESULTS OF A-B COMPARISON
0.3
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TELEPHONE
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N= 199 GROSS 255 PT.

BANDPASS SPECTRAL SPECTRAL
FILTER ALONE MATCH

FILTERING LEVEL

MATCH

Fig. 12a—Mean identification scores for experiment 1 as a function of filtering level

averaged across all conditions.

thermore, for the fine spectral match, the mean identification score

was quite close to the score for the gross spectral match filter, thereby

indicating the small improvement obtained with the final filter. The
standard deviation of the results using the telephone noise was some-

what smaller than for the comparable Gaussian noise. The mean
identification score of 0.22 indicates that, even for the best cases,

listeners could distinguish between an actual telephone recording and
the simulation output approximately 50 percent of the time in an A/B
test. However, such a test is a very severe one as any flaw in the

simulation will immediately cue the listener as to which of the pair of
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INDIVIDUAL RESULTS OF A-B COMPARISON

N = 199

BANDPASS
FILTER ALONE

FILTERING LEVEL

Fig. 12b—Mean identification scores for experiment 1 as a function of listener using

Gaussian noise.

utterances is the simulation. Thus, the average score of 0.22 is actually

an encouraging one in such a test.

For the similarity ranking experiment, a score of 1 indicated high

similarity between sentences, whereas a score of 10 indicated large

differences between sentences. For this experiment, a new group of 8

listeners was used and test data were again recorded over a 1-week

period. An analysis of variance of the results again showed that the

only significant experimental factors were listeners and filtering com-

plexity. Again, however, results are shown for both types of noise.

Figure 13 shows a plot of the overall mean ranking score as a function
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OVERALL RESULTS OF SIMILARITY EVALUATION
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Fig. 13—Mean identification scores for experiment 2 as a function of filtering level

averaged across all conditions.

of the level of filtering. It can be seen that the average ranking score

was about 3.2 for the gross spectral match filter, whereas it was 2.3 for

the fine spectral match filter, thereby indicating a very strong similar-

ity between the simulation output and a real telephone recording. It is

also seen that the ranking scores are very similar for both the Gaussian

and prerecorded telephone noises, again showing this is not a critical

feature of the simulation. The results presented in this figure confirm

that the simulation produced an output which listeners considered

highly similar to actual telephone recordings.

V. SUMMARY
The results of the experimental evaluations indicated that a fairly

simple simulation of a telephone channel can provide a good approxi-
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mation (in a perceptual sense) to a variety of actual telephone lines.

Informal listening indicated that, to give speech the "telephone-like"

quality (as opposed to matching an individual telephone line), a general

spectral matching filter along with the center clipping nonlinearity was

adequate. Although the best results were obtained with a combination

of a gross spectral match filter and a fine spectral match filter, the

results obtained with the low-order gross spectral match filter alone

were quite good and undoubtedly would be adequate for a variety of

applications.

The intended purpose of this simulation was to provide a digital

network which would be controlled in such a way as to make it

interchangeable with a real telephone line for perceptual testing and

evaluating speech communications systems. The next step in evaluat-

ing the applicability of this model to other situations is to compare

objective performance on a speech communication system over real

telephone lines with results using the simulation. If these comparisons

are favorable, then models such as the one proposed here should be

useful for testing and evaluating speech processing systems without

the need for extensive evaluation over actual telephone lines.

In summary, we have proposed a simple digital network which

provides an end-to-end simulation model of a telephone line from the

handset to the receiver. Subjective evaluations indicate that a good

match to a variety of telephone lines can be obtained.
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